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NETWORK NODE, TERMINAL, BANDWIDTH
MODIFICATION DETERMINATION
METHOD AND BANDWIDTH
MODIFICATION METHOD

TECHNICAL FIELD

The present invention relates to a network node, a terminal,
a bandwidth change determination method and a bandwidth
change method for changing a codec used in a mobile com-
munication technology.

BACKGROUND ART

In the related art, voice calls in a mobile communication
technology of the third generation partnership project (3GPP)
are made using a 3GPP circuit switching (CS) network. In
recent years, a voice over long term evolution (VoLTE) ser-
vice which is a voice call that uses a 3GPP packet switching
(PS) network has been started.

However, an area where the VoLTE service is available is
limited for a while. For this reason, when a user moves out of
the VOLTE service area during a voice call based on VoLTE
(hereinafter, refer to as VOLTE call), it is necessary to switch
this call to a call based on a circuit switching technique in the
related art. As a technique that enables this switching, there is
single radio voice call continuity (SRVCC) disclosed in Non-
Patent Literature (hereinafter, abbreviated as “NPL”") 1. Here-
inafter, a handover operation based on SRVCC will be
described with reference to FIGS. 1 and 2.

FIG. 1 is a diagram illustrating a part of a configuration of
a 3GPP mobile communication network. A mobile commu-
nication network shown in FIG. 1 is configured by an evolved
universal terrestrial radio access network (e-UTRAN), an
e-UTRAN base station (e-nodeB), a PS network, a CS net-
work, a base station subsystem of the CS network, and an IP
multimedia Subsystem (IMS).

Specifically, in FIG. 1, e-UTRAN is a radio access network
that is capable of providing the VoL TE service. The PS net-
work provides the VOLTE service and includes a packet data
network gateway (P-GW), a serving gateway (S-GW), and a
mobility management entity (MME). The CS network
includes a mobile switching center (MSC), and a media gate-
way (MGW). The base station subsystem of the CS network
includes a radio network controller (RNC), and nodeB. IMS
performs a call control or the like, and includes a call session
control function (CSCF), and a service centralization and
continuity application server (SCC AS).

In FIG. 1, it is assumed that UE 100 and UE 102 that are
mobile communication terminals (user equipment) are ini-
tially connected to the PS network, respectively (here, a radio
access network, a base station and a PS network on the side of
UE 102 are not shown). That is, it is assumed that a VoLTE
call is made between UE 100 and UE 102. Here, it is assumed
that UE 100 is handed over (HO) to the CS network during the
call. Path A, Path B and Path C indicated by solid lines in FIG.
1 represent paths through which speech data passes. Further,
reference numerals 200, 202, 204 and 206 indicated by
dashed lines in FIG. 1 represent paths through which signals
pass in an SRVCC handover process.

FIG. 2 is a sequence chart illustrating an operation of the
SRVCC handover process. UE 100 and UE 102 are initially
connected to the PS network (e-UTRAN), respectively, and
the speech data between UE 100 and UE 102 is transmitted
and received through Path A. If UE 100 is distant from a cover
area of the e-UTRAN, e-nodeB detects the fact, and
exchanges signaling with RNC/nodeB through MME and

20

30

35

40

45

60

2

MSC/MGW (signaling 200 shown in FIG. 1 and step (here-
inafter, referred to as “ST”) 200 shown in FIG. 2). In ST200,
a data path in the CS network is prepared between nodeB and
MSC/MGW. If the preparation is finished, a command for
handover to UTRAN (CS network) is given to UE 100 from
MME through e-nodeB.

At the same time with the process of ST200, MSC/MGW
exchanges signaling with UE 102 through CSCF/SCC AS
(signaling 202 shown in FIG. 1 and ST202 shown in FIG. 2).
Thus, a command is given for switching a transmission/re-
ception destination of speech data of UE 102 from UE 100 to
MSC/MGW, and Path B is established.

After handover to UTRAN, UE 100 exchanges signaling
with MSC/MGW through RNC/nodeB (signaling 204 shown
in FIG. 1 and ST204 shown in FIG. 2). Thus, Path C is
established.

After establishment of Path C, MSC/MGW exchanges sig-
naling with P-GW/S-GW through MME (signaling 206
shown in FIG. 1 and ST206 shown in FIG. 2). Thus, Path A is
deleted.

Hereinbefore, the operation of SRVCC handover has been
described.

Further, as a technique that improves SRVCC to reduce the
time necessary for switching data paths, there is an SRVCC
method (eSRVCC: enhanced-SRVCC) that uses access trans-
fer control function (ATCF) enhancement, as disclosed in
NPL 3. An example of an operation of eSRVCC will be
described with reference to FIGS. 3 and 4.

FIG. 3 shows a part of a configuration of a 3GPP mobile
communication network that enables eSRVCC. The mobile
communication network shown in FIG. 3 includes e-UT-
RAN, e-nodeB, a PS network, a CS network, a base station
subsystem of the CS network, and IMS, similarly to FIG. 1.
Here, an access transfer control function (ATCF) and an
access transfer gateway (ATGW), in addition to CSCF and
SCC AS, are present in IMS. In FIGS. 3 and 4, ATCF and
ATGW are represented as one node (ATCF/ATGW 1120), but
may be provided as separate nodes.

InFIG. 3, UE 100 and UE 102 are initially connected to the
PS network, respectively (here, a wireless access network, a
base station and the PS network on the side of UE 102 are not
shown). That is, it is assumed that a VoLTE call is performed
between UE 100 and UE 102. Here, it is assumed that UE 100
is handed over to the CS network during a call.

Path A, Path B, Path C and Path D indicated by solid lines
in FIG. 3 represent paths through which speech data passes.
Further, reference numerals 1100, 1102, 1104 and 1106 indi-
cated by dashed lines in F1G. 3 represent paths through which
signals in an eSRVCC handover process pass.

FIG. 4 is a sequence chart illustrating an operation of
eSRVCC handover. UE 100 and UE 102 are initially con-
nected to the PS network (e-UTRAN), respectively. In a sys-
tem in which the eSRVCC handover is realized, in ATCF/
ATGW 1120, ATCF anchors signaling of IMS (IMS
signaling), and ATGW anchors the speech data. That is, when
a call between UE 100 and UE 102 starts, the IMS signaling
for the call start is relayed by ATCEF, and in a case where ATCF
determines that anchoring of the speech data in ATGW is
necessary, ATGW is allocated as an anchor point of the
speech data. Thus, the speech data between UE 100 and UE
102 is transmitted and received through Path A and Path B.

If UE 100 is distant from a cover area of e-UTRAN,
e-nodeB detects the fact, and exchanges signaling with RNC/
nodeB through MME and MSC/MGW (signaling 1100
shown in FIG. 3 and ST1100 shown in FIG. 4). In ST1100, a
data path in the CS network is prepared between nodeB and
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MSC/MGW. If the preparation is finished, a command for
handover to UTRAN (CS network) is given to UE 100 from
MME through e-nodeB.

Atthe same time with the process of ST1100, MSC/MGW
transmits signaling to ATCF. Thus, a command for path
switching is given to ATGW from ATCF, and a transmission/
reception destination of speech data of ATGW is switched
from UE 100 to MSC/MGW (signaling 1102 shown in FIG. 3
and ST1102 shown in FIG. 4). That is, Path C is established.
Further, if the path switching process to ATGW is finished,
ATCF transmits notification signaling to SCC-AS (signaling
1102 shown in FIG. 3 and ST1102 shown in FIG. 4).

After handover to UTRAN, UE 100 exchanges signaling
with MSC/MGW through RNC/nodeB (signaling 1104
shown in FIG. 3 and ST1104 shown in FIG. 4). Thus, Path D
is established.

After establishment of Path D, MSC/MGW exchanges sig-
naling with P-GW/S-GW through MME (signaling 1106
shown in FIG. 3 and ST1106 shown in FIG. 4). Thus, Path B
is deleted.

Hereinbefore, the operation of eSRVCC handover has been
described.

As a voice codec used in the CS network, an adaptive
multi-rate (AMR) codec that is a narrowband (NB) codec, an
AMR-WB codec that is a wideband (WB) codec, or the like is
widely used. AMR and AMR-WB is usable in a packet
exchanging technique, and thus, may also be considered to be
used in the PS network (VOLTE).

AMR and AMR-WB have supported bitrates that are dif-
ferent from each other. Further, in a case where AMR and
AMR-WB are used in the PS network, frame type indexes for
bit rates used in a real-time transport protocol (RTP) payload
format as disclosed in NPL 2 overlap with each other. Thus,
when in use either in the CS network or in the PS network, it
is necessary to determine whether to use AMR or AMR-WB
at the start of session. That is, it is difficult to exchange AMR
and AMR-WB without re-negotiation of the session.

In the related art, the narrowband codec generally refers to
a codec with a bandwidth o 300 Hz to 3.4 kHz, sampled at 8
kHz. Further, the wideband codec refers to a codec with a
bandwidth of 50 Hz to 7 kHz, sampled at 16 kHz. Further, a
super wideband (SWB) codec refers to a codec with a band-
width of 50 Hz to 14 kHz, sampled at 32 kHz.
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85-90

SUMMARY OF INVENTION
Technical Problem

In FIG. 1 or FIG. 3, when UE 100 is handed over from the
PS network to the CS network, in a case where the codec used
in the PS network is not supported in the CS network, the
codecused by UE 100 is changed to a codec supported by the
CS network. Ina case where change ofthe codec occurs in UE
100, in order to enable call continuity between UE 100 and
UE 102, the following two methods may be considered. The
first method is a method of changing the codec used by UE
102 to the same codec as the changed codec of UE 100. The
second method is a method of performing transcoding in
MSC/MGW.

In the former method, it takes time for signaling for change
ofthe codec of UE 102 and the disconnection time of a call is
prolonged, which is not preferable. Further, in the eSRVCC
handover, since signaling for path switching in handover of
UE 100 is terminated in ATCF, it is difficult to transmit
signaling for changing the codec of UE 102. That is, in the
eSRVCC handover, it is difficult to change the codec of UE
102 using the existing signaling.

Accordingly, it is considered that the latter transcoding
method is relatively preferable. However, in performing the
transcoding, in a case where codec bandwidths (bandwidths
of input and output signals of codecs) are different from each
other, in particular, when transcoding is performed to a nar-
row bandwidth codec from a wide bandwidth codec, speech
quality is degraded.

An object of the invention is to provide a network node, a
terminal, a bandwidth change determination method and a
bandwidth change method capable of suppressing degrada-
tion of speech quality due to transcoding, without disconnec-
tion of a call, even in a case where a codec used by one of
terminals in communication is changed.

Solution to Problem

A network node according to an aspect of the present
invention is a network node that performs transcoding for
communication between two terminals that use different
codecs, the network node including: a detection section that
detects the codecs respectively used by the two terminals; a
determination section that, when detecting a change of the
codec used by one of the two terminals based on a detection
result in the detection section, determines, using a first codec
of'the other one of the two terminals and a second codec ofthe
one of the two terminals which has been changed, whether to
limit a first bandwidth of the first codec; and a transmission
section that transmits, to the other one of the two terminals,
signaling for limiting the first bandwidth in a case where it is
determined to limit the first bandwidth in the determination
section.

A terminal according to an aspect of the present invention
is a terminal used in a communication system in which
transcoding is performed by a network node for communica-
tion between terminals that use different codecs, the network
node being positioned between the terminals, the terminal
including: a negotiation section that negotiates a first codec
used for communication between the terminal and a counter-
part terminal that is a communication counterpart of the ter-
minal; a determination section that determines a first band-
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width of an input signal to be encoded in the terminal, with
respect to the negotiated first codec; and a change section that
controls a change of the first bandwidth determined by the
determination section, according to signaling for limiting the
first bandwidth, the signaling being notified from the network
node.

A bandwidth change determination method according to
an aspect of the present invention is a method in a network
node that performs transcoding for communication between
two terminals that use different codecs, the method including:
detecting the codecs respectively used by the two terminals;
determining, when detecting a change of the codec used by
one of the two terminals based on a detection result, using a
first codec of the other one of the two terminals and a second
codec of the one of the two terminals which has been changed,
whether to limit a first bandwidth of the first codec; and
transmitting, to the other one of the two terminals, signaling
for limiting the first bandwidth in a case where it is deter-
mined to limit the first bandwidth.

A bandwidth change method according to an aspect of the
present invention is a method in a terminal used in a commu-
nication system in which transcoding is performed by a net-
work node for communication between terminals that use
different codecs, the network node being positioned between
the terminals, the method including: negotiating a first codec
used for communication between the terminal and a counter-
part terminal that is a communication counterpart of the ter-
minal; selecting a first bandwidth of an input signal to be
encoded in the terminal, with respect to the negotiated first
codec; controlling a change of the first bandwidth according
to signaling for limiting the first bandwidth, the signaling
being notified from the network node; and determining the
first bandwidth according to the control of a change of the first
bandwidth.

Advantageous Effects of Invention

According to the present invention, even in a case where a
codec used by one of terminals in communication is changed,
it is possible to suppress degradation of speech quality due to
trans coding, without disconnection of the call.

BRIEF DESCRIPTION OF DRAWINGS

FIG. 1 is a configuration diagram illustrating a part of a
3GPP mobile communication network;

FIG. 2 is a sequence chart illustrating an SRVCC handover
operation;

FIG. 3 is a configuration diagram illustrating a part of a
3GPP mobile communication network that enables eSRVCC;

FIG. 4 is a sequence chart illustrating an eSRVCC han-
dover operation;

FIG. 5 is a configuration diagram illustrating a part of a
mobile communication network according to Embodiment 1
of the present invention;

FIG. 6 is a block diagram illustrating a configuration of a
network node (MSC/MGW) according to Embodiment 1 of
the present invention;

FIG. 7 is a flowchart illustrating an example of a determi-
nation method in a change determination section of the MSC/
MGW according to Embodiment 1 of the present invention;

FIG. 8 is a block diagram illustrating a configuration of a
terminal (UE) according to Embodiment 1 of the present
invention;

FIG. 9 is a diagram illustrating an example of SDP used in
codec negotiation according to Embodiment 1 of the present
invention;
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FIG. 10 is a sequence chart illustrating an operation
according to Embodiment 1 of the present invention;

FIGS. 11A and 11B are diagrams illustrating an example of
a band limitation request message according to Embodiment
1 of the present invention;

FIG. 12 is a block diagram illustrating a configuration of a
terminal (UE) according to Embodiment 2 of the present
invention;

FIG. 13 is a configuration diagram illustrating a part of a
mobile communication network according to Embodiment 3
of the present invention;

FIG. 14 is a block diagram illustrating a configuration of a
network node (MSC/MGW) according to Embodiment 3 of
the present invention;

FIG. 15 is a sequence chart illustrating an operation
according to Embodiment 3 of the present invention;

FIG. 16 is a flowchart illustrating an example of a codec
selection method in a codec selection section of the MSC/
MGW according to Embodiment 3 of the present invention;

FIG. 17 is a sequence chart illustrating an operation
according to a variation of Embodiment 3 of the present
invention;

FIG. 18 is a configuration diagram illustrating a part of a
mobile communication network according to Embodiment 4
of the present invention;

FIG. 19 is a block diagram illustrating a configuration of a
network node (ATCF/ATGW, MSC/MGW) according to
Embodiment 4 of the present invention;

FIG. 20 is a block diagram illustrating a configuration of a
terminal (UE) according to Embodiment 4 of the present
invention; and

FIG. 21 is a sequence chart illustrating an operation of
Embodiment 4 of the present invention.

DESCRIPTION OF EMBODIMENTS

Embodiments of the present invention will be described in
detail with reference to the accompanying drawings.

In the following description, a “bandwidth” refers to a
bandwidth of an input/output signal to a codec.

Further, in the following description, a “codec in which
bandwidth designation is not always necessary” refers to a
codec that can switch the bandwidth of an input signal to be
encoded without renegotiation of a session. For example, an
incompatible mode of an EVS (Enhanced Voice Services)
codec is used only on a PS network, and a supported bit rate
is common to any bandwidth (see [3GPP TSG SA WG4
S4-110539 “EVS Permanent Document #4 (EVS-4): EVS
design constraints” |). Therefore, in the incompatible mode of
the EVS codec, if the bandwidth is lower than the Nyquist
frequency (Y2 of a sampling frequency), it is possible to
perform design for freely changing the bandwidth of the input
signal to be encoded even during the session. Accordingly, it
is not always necessary to designate the bandwidth from the
beginning to the end of the session. In this case, an encoder
sets or changes the bandwidth of the input signal to be
encoded, for example, according to a characteristic of the
input signal (a frequency characteristic of the input signal,
parameters obtained by analyzing the input signal, and the
like, for example) or according to an encoding bit rate.

(Embodiment 1)

FIG. 5 is a diagram illustrating a configuration of a part of
a mobile communication network according to Embodiment
1 of the present invention. In FIG. 5, the same reference
numerals are given to the same components as in FIG. 1, and



US 9,288,792 B2

7

description thereof will not be shown. In FIG. 5, as compared
with FIG. 1, operations of UEs 100 and 102 and MSC/MGW
300 are different.

First, MSC/MGW 300 shown in FIG. 5 will be described.
MSC/MGW 300 performs transcoding for communication
between two terminals that use different codecs.

FIG. 6 is a block diagram illustrating a configuration of
MSC/MGW 300 (network node) according to the present
embodiment. For ease of description, FIG. 6 shows a main
configuration section (a configuration section relating to
ST402 to ST406 (to be described later) shown in FIG. 5, for
example) relating to a band limitation (band change) process
that is closely related to the present invention.

In MSC/MGW 300 shown in FIG. 6, reception section 600
receives speech data (hereinafter, referred to as communica-
tion data), signaling or the like. For example, when receiving
signaling (for example, signaling 202 or signaling 204 shown
in FIG. 1) that is transmitted from each of UE 100 and UE
102, reception section 600 outputs the received signaling to
codec detection section 604 and codec bandwidth detection
section 606.

Transmission section 602 transmits communication data,
signaling and the like. For example, transmission section 602
notifies UE 102 of signaling output from signaling generation
section 610.

On the basis of signaling, communication data and the like
from UE 100 and UE 102, input through reception section
600, codec detection section 604 detects the codecs that are
used by UE 100 and UE 102, respectively. Further, codec
detection section 604 outputs information (detection result)
that indicates the detected codecs to change determination
section 608.

On the basis of signaling, communication data and the like
from UE 100 and UE 102, input through reception section
600, codec bandwidth detection section 606 detects band-
widths of the codecs that are used by UE 100 and UE 102,
respectively. Further, codec bandwidth detection section 606
outputs information (detection result) that indicates the
detected bandwidth codecs to change determination section
608.

On the basis of the codecs indicated by the information
input from codec detection section 604 and the bandwidths of
the codecs indicated by the information input from codec
bandwidth detection section 606, change determination sec-
tion 608 determines whether bandwidth limitation of the
input signal to be encoded to UE 102 is possible, and whether
the bandwidth limitation is necessary. For example, in a case
where a change of the codec used by one UE 100 among two
terminals (UE 100 and UE 102) is detected, change determi-
nation section 608 determines whether to limit the bandwidth
of the codec of UE 102 using the codec of UE 102 and the
changed codec of UE 100 on the basis of the detection result
in codec detection section 604. Change determination section
608 outputs the determination result to signaling generation
section 610. Further, details of the bandwidth change deter-
mination process in change determination section 608 will be
described later.

In a case where it is determined by change determination
section 608 that the bandwidth limitation of the input signal to
be encoded to UE 102 is possible and the bandwidth limita-
tion is necessary, signaling generation section 610 generates
a signaling for requesting the UE 102 to limit the bandwidth
of'the input signal to be encoded in UE 102. The signaling for
requesting the bandwidth limitation may include information
that indicates the changed bandwidth of UE 100, for example.
Signaling generation section 610 transmits the generated sig-
naling to UE 102 through transmission section 602. In this
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manner, if it is determined to limit the bandwidth of the codec
of UE 102 in change determination section 608, signaling for
limiting the bandwidth is transmitted to UE 102 through
transmission section 602.

When UE 100 and UE 102 use different codecs respec-
tively, transcoding section 612 performs transcoding for com-
munication data to UE 102 from UE 100 and communication
data to UE 100 from UE 102.

Next, with reference to FIG. 7, details of the bandwidth
change determination process in change determination sec-
tion 608 of MSC/MGW 300 will be described.

In ST800 shown in FIG. 7, change determination section
608 determines whether the codec of UE 100 is changed on
the basis of the detection result (detected codec) in codec
detection section 604.

Ifthe codec of UE 100 is changed (ST 800: Yes), in ST802,
change determination unit 608 determines whether the codec
used by UE 102 is a codec in which bandwidth designation is
not necessary, such as codec A, on the basis of the detection
result in codec detection section 604.

If the codec used by UE 102 is the codec in which the
bandwidth designation is not necessary (ST802: Yes), in
ST804, change determination section 608 determines
whether the bandwidth of the changed codec of UE 100 is
narrower than the maximum bandwidth of the codec that is
currently used by UE 102 on the basis of the detection result
in codec bandwidth detection section 606.

If the bandwidth of the changed codec of UE 100 is nar-
rower than the maximum bandwidth of the codec that is
currently used by UE 102 (ST804: Yes), in ST806, change
determination section 608 determines that the bandwidth
limitation (change) of the input signal to be encoded to UE
102 is possible and necessary. For example, change determi-
nation section 608 determines to limit the bandwidth of the
codec of UE 102 to the bandwidth of the changed codec of UE
100.

On the other hand, if the codec of UE 100 is not changed
(ST800: No), if the codec that is used by UE 102 is not the
codec in which the bandwidth designation is not necessary
(ST802: No), or if the band width of the changed codec of UE
100 is equal to wider than the maximum bandwidth of the
codec that is currently used by UE 102 (ST804: No), in
ST808, change determination section 608 determines not to
perform the band limitation to UE 102.

In this manner, specifically, in a case where the change of
the codec in one UE is detected, MSC/MGW 300 determines
whether the codec of the other UE is the codec in which the
bandwidth designation is not necessary, and determines
whether the bandwidth limitation (change) of the codec of the
other UE is possible. Further, by determining whether the
bandwidth of the changed codec of one UE is narrower than
the maximum bandwidth of the codec of the other UE, MSC/
MGW 300 determines whether the bandwidth limitation
(change) of the codec of the other UE is necessary.

Next, UE 100 and UE 102 shown in FIG. 5 will be
described.

FIG. 8 is a block diagram illustrating a configuration of UE
100 and UE 102 (terminals) according to the present embodi-
ment. For ease of description, FIG. 8 shows a main configu-
ration section (a configuration section relating to ST400 to
ST406 (to be described later) shown in FIG. 5, for example)
relating to a band limitation process that is closely related to
the present invention.

In UE 100 and UE 102 shown in FIG. 8, reception section
700 receives communication data, signals or the like. For
example, when receiving signaling (for example, signaling
202 or 204 shown in FIG. 1) that is transmitted from MSC/
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MGW 300, reception section 700 outputs the received signal-
ing to codec negotiation section 704 and signaling analysis
section 710.

Transmission section 702 transmits communication data,
signaling (for example, signaling 202 or 204 in FIG. 1) or the
like.

Codec negotiation section 704 negotiates the codec to be
used in communication between terminals (here, UE 100 and
UE 102). Specifically, codec negotiation section 704 creates a
session description protocol (SDP) offer and an SDP answer
to perform the codec negotiation. Further, when a UE (UE
100 in FIG. 5) moves to a CS network, codec negotiation
section 704 of the UE performs the coding negotiation on the
basis of the negotiation method in the CS network. Codec
negotiation section 704 outputs the result of the coding nego-
tiation to the codec selection section 706.

FIG. 9 shows an example of the SDP used in the coding
negotiation according to the present embodiment. In a case
where a calling party UE supports the codec in which band-
width designation is not always necessary (hereinafter,
referred to as codec A), the calling party UE designates only
a sampling frequency with respect to the codec A, and gen-
erates the SDP offer without bandwidth designation. For
example, in FIG. 9, an AMR-WB codec (for example, band-
width: 50 Hz to 7 kHz, sampling frequency: 16000) that is a
WB codec in the related art, an AMR codec (for example,
bandwidth: 300 Hz to 3.4 kHz, sampling frequency: 8000)
that is an NB codec in the related art, and codec A in which
bandwidth designation is not necessary (sampling frequency:
32000) are written in the SDP offer generated by the calling
party UE.

Further, in a case where areceiving party UE itself supports
codec A, the receiving party UE receives a condition in which
only the sampling frequency of codec A is designated (selects
codec A shown in FIG. 9), and generates the SDP answer
without bandwidth designation. Codec A may be in anincom-
patible mode of the above-mentioned EVS codec. Here, the
maximum bandwidth that supports the sampling frequency of
32000 of codec A corresponds to a super wideband (SWB),
and an encoder may freely change the bandwidth according to
the characteristic of the input signal or the encoding bit rate
even during the session within the bandwidth.

Codec selection section 706 selects a codec negotiated by
codec negotiation section 704, and outputs information that
indicates the selected codec to bandwidth determination sec-
tion 708.

Bandwidth determination section 708 determines the
bandwidth of the input signal encoded in the host terminal
with respect to the codec selected by codec selection section
706. For example, in a case where the bandwidth of the codec
selected by codec selection section 706 is constant, band-
width determination section 708 selects the bandwidth. On
the other hand, in a case where the bandwidth of the codec
selected by codec selection section 706 can be changed dur-
ing one session as in codec A, bandwidth determination sec-
tion 708 determines the bandwidth of the input signal to be
encoded for each frame. For example, bandwidth determina-
tion section 708 determines the bandwidth of the input signal
to be encoded for each frame, according to the encoding bit
rate, the input signal characteristic, the bandwidth limitation
request through an external signaling, or the like. More spe-
cifically, if it is notified that the limitation (change) of the
bandwidth of the codec is requested from codec mode change
section 712, bandwidth determination section 708, for
example, limits (changes) the bandwidth of the input signal to
be encoded to the requested bandwidth.
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Signaling analysis section 710 analyzes the signaling input
through reception section 700. The signaling includes signal-
ing for requesting the limitation of the bandwidth (signaling
for limiting the bandwidth) from MSC/MGW 300, for
example. Signaling analysis section 710 notifies codec mode
change section 712 of the result of the signaling analysis.

In a case where the signaling analysis result input from
signaling analysis section 710 is the signaling for requesting
the limitation (change) of the bandwidth of the codec, the
codec mode change section 712 determines to limit (change)
the bandwidth of the input signal to be encoded, and notifies
bandwidth determination section 708 of the result. That is,
codec mode change section 712 controls the change of the
bandwidth determined by bandwidth determination section
708 according to the signaling for limiting the bandwidth of
the codec, notified from MSC/MGW 300.

Further, signaling analysis section 710 may analyze
another external signaling and may notify codec mode
change section 712 of the analysis result. For example, sig-
naling analysis section 710 may analyze the above-described
RTCP-APP, and may notify codec mode change section 712
of the analysis result (for example, a change request of the
encoding bit rate). In this case, if codec mode change section
712 determines the encoding bit rate, codec mode change
section 712 notifies bandwidth determination section 708 of
the determined encoding bit rate. Then, bandwidth determi-
nation section 708 determines the bandwidth according to the
determined encoding bit rate.

Next, an example of the operations of UE 100 and UE 102,
and MSC/MGW 300 according to the present invention will
be described.

FIG. 10 is a sequence chart illustrating the operation of
each device of the mobile communication network shown in
FIG. 5. In FIG. 10, the same reference numerals are given to
the same components as in FIG. 2, and description thereof
will not be shown.

In the following description, in FIG. 5, it is assumed that
both of UE 100 and UE 102 are connected to a wireless access
network that enables a VoLTE call service such as e-UTRAN
(here, a wireless access network, a base station and a PS
network on UE 102 are not shown). That is, a VOLTE call is
started between UE 100 and UE 102 shown in FIG. 5.

At the start of the call, negotiation of the codecs used
between UE 100 and UE 102 is performed (for example, see
3GPP TS26.114 v10.0.0 “IP Multimedia Subsystem (IMS);
Multimedia Telephony; Media Handling and interaction™).
For example, UE 100 and UE 102 (codec negotiation section
704) performs the codec negotiation without bandwidth des-
ignation with respect to the codec in which bandwidth desig-
nation is not always necessary (ST400 shown in FIG. 5 and
FIG. 10).

Then, as shown in FI1G. 5, it is assumed that UE 100 moves
to UTRAN through the SRVCC handover. That is, it is
assumed that UE 100 moves to the CS network from the PS
network.

In this case, in the process of ST204 in FIG. 10, the codec
used in the CS network is re-negotiated between UE 100
(codec negotiation section 704) and MSC/MGW 300. Here,
for example, it is assumed that the negotiation is performed so
that the AMR codec is used for UE 100 and the bandwidth of
the codec used by UE 100 is limited to the NB (ST402 shown
in FIG. 5 and FIG. 10).

Further, MSC/MGW 300 (codec detection section 604 and
codec bandwidth detection section 606) detects that the codec
used by UE 102 is codec A and the maximum bandwidth is the
SWB, in the process of ST202 in FIG. 10.
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Furthermore, MSC/MGW 300 (codec detection section
604 and codec bandwidth detection section 606) detects that
the codec used by UE 100 is the AMR and the bandwidth is
limited to the NB, in the process of ST204 in FIG. 10.

MSC/MGW 300 (change determination section 608)
determines whether bandwidth limitation of the input signal
to be encoded to UE 102 is possible, and whether the band-
width limitation is necessary. Here, the codec of UE 100 is
changed (ST800 shown in FIG. 7: Yes), the codec of UE 102
is codec A (ST802 shown in FIG. 7: Yes), and the bandwidth
(NB) of the AMR codec of UE 100 is narrower than the
maximum bandwidth (SWB) of codec A of UE 102 (ST804
shown in FIG. 7: Yes). Thus, MSC/MGW 300 (change deter-
mination section 608) determines that the bandwidth limita-
tion of the input signal to be encoded to UE 102 is possible
and necessary (ST806 shown in FIG. 7).

Accordingly, MSC/MGW 300 (signaling generation sec-
tion 610) transmits, to UE 102, signaling for requesting lim-
iting the bandwidth of the input signal to be encoded of codec
A to NB (bandwidth of the changed codec of UE 100) (ST 404
shown in FIG. 5 and FIG. 10). The signaling may be included
in a series of signaling (that is, IMS signaling) in ST202, for
example, and may be transmitted as a separate signaling such
as a real time transport control protocol (RTCP)-application-
defined (APP) (for example, see [3GPP TS26. 114 v10.0.0
“IP Multimedia Subsystem (IMS); Multimedia Telephony;
Media Handling and interaction”]). FIG. 11A shows an
example in a case where a signaling for notifying band limi-
tation is included in the IMS signaling. Further, FIG. 11B
shows an example in a case where a signaling for notifying
band limitation is included in the RTCP-AFP.

UE 102 (signaling analysis section 710) analyzes the sig-
naling from MSC/MGW 300. Then, UE 102 (codec mode
change section 712) specifies that the bandwidth limitation of
codec A is requested. Thus, UE 102 (bandwidth determina-
tion section 708) limits the bandwidth of the input signal to be
encoded to UE 102 to the requested bandwidth (here, NB).
Further, UE 102 encodes communication data in the limited
bandwidth (ST406 shown in FIG. 10).

In this manner, UE 100 uses the bandwidth (NB) of the
changed codec, and UE 102 uses the bandwidth (NB) in
which the band of codec A is limited. Thus, both of UE 100
and UE 102 use the same NB as the codec bandwidth.
Accordingly, in MSC/MGW 300 (transcoding section 612),
even in a case where transcoding from UE 102 to UE 100
(transcoding from codec A (ultrawide band) to AMR codec
(narrow band)) is performed, it is possible to suppress degra-
dation of speech quality.

In this manner, in the present embodiment, even in a case
where a change of the codec occurs in UE 100 that is a part of
UEs in communication, MSC/MGW 300 (network node)
requests the other UE 102 to limit the bandwidth of the codec
to match with the bandwidth of the changed codec of UE 100.
Further, even in a case where the codec of UE 100 that is a
communication counterpart during VoL'TE call is changed
(changed to a narrow bandwidth), UE 102 limits the band-
width of the input signal to be encoded to UE 102 in accor-
dance with UE 100. That is, UE 102 changes the bandwidth of
the input signal to be encoded according to the network situ-
ation of UE 100 that is the communication counterpart with-
out disconnection of communication with UE 100.

Thus, even in a case where the network situation of one UE
is changed, it is possible to equivalently maintain the band-
widths of the codecs between UEs. Accordingly, it is possible
to suppress degradation of speech quality that may occur in a
case where transcoding is performed from a codec with a
wide bandwidth to a codec with a narrow bandwidth. That is,
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MSC/MGW 300 is able to perform transcoding while sup-
pressing degradation of speech quality.

Further, since UE 102 limits only the bandwidth of the
input signal to be encoded without changing the codec, the
signaling for changing the codec is not necessary, and thus, it
is possible to prevent the disconnection time of the call from
being prolonged.

Accordingly, according to the present embodiment, even in
a case where UE 100 during VoLTE call is handed over to the
CS network and the codec is changed in the CS network that
is a handover destination, it is possible to limit the bandwidth
of the input signal to be encoded to UE 102 without discon-
nection of the call. Thus, it is possible to suppress degradation
of'speech quality due to transcoding from UE 102 to UE 100.
In other words, according to the present embodiment, even in
a case where the codec used by one terminal of UEs during
VoLTE call is changed, it is possible to suppress degradation
of speech quality due to transcoding, without disconnection
of the call.

In the above-described present embodiment (for example,
see FIG. 5), in a case where UE 100 corresponds to reverse
SRVCC (rSRVCC, for example, see [3GPP TR23.885v1.2.0
“Feasibility Study of Single Radio Voice Call Continuity
(SRVCC) from UTRAN/GERAN to E-UTRAN/HSPA”]),
after UE 100 is handed over to the CS network from the PS
network, UE 100 may be handed over to the PS network from
the CS network again. In this case, when receiving signaling
relating to the handover process from the CS network of UE
100 to the PS network, MSC/MGW 300 may transmit signal-
ing for releasing the bandwidth limitation of the codec to UE
102. Alternatively, after UE 100 finishes the handover to the
PS network, MSC/MGW 300 may transmit the signaling for
releasing the bandwidth limitation of the codec to UE 102.

Further, in the above-described present embodiment (for
example, see FIG. 5), when UE 100 starts a call, UE 100 is
connected to the PS network. However, UE 100 may be
connected to the CS network when UE 100 starts the call. In
this case, for example, using a technique disclosed in [3GPP
TS23.292 v10.3.0 “IP multimedia Subsystem (IMS) central-
ized services” |, UE 100 starts the call with UE 102 connected
to the PS network. Here, in a case where UE 100 corresponds
to rSRVCC (that is, in a case where UE 100 may be handed
over to the PS network), when performing negotiation with
UE 102, MSC/MGW 300 may perform negotiation in
advance so that the bandwidth of the codec to be used by UE
100 is encoded as the maximum bandwidth for UE 102.
Alternatively, MSC/MGW 300 may request UE 102 to limit
the bandwidth of the input signal to be encoded with a sepa-
rate signaling after negotiation with UE 102.

Further, in the above description, the present embodiment
employs the SRVCC method, but the present embodiment
may also be applied in the eSRVCC method.

In the SRVCC technique, if codecs used by UEs in com-
munication are different from each other, transcoding is per-
formed in MGW (MSC/MGW 300). On the other hand,
according to NPL 3, in the eSRVCC method, ATGW instead
of MGW may perform transcoding.

Here, in the eSRVCC method, if transcoding is performed
by ATGW instead of MGW, with respect to the SRVCC
technique, the functions added to MSC/MGW 300 (see FIG.
5) according to the present embodiment are added to ATCF/
ATGW 1120 (see FIG. 3). That is, in the eSRVCC method,
ATCF/ATGW 1120 is configured to include reception section
600, transmission section 602, codec detection section 604,
change detection section 608, signaling generation section
610 and transcoding section 612, shown in FIG. 6. Here, in
the eSRVCC method, transmission section 602, codec detec-
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tion section 604, codec bandwidth detection section 606,
change detection section 608, signaling generation section
610 and transcoding section 612 included in ATCF/ATGW
1120 have the same functions as those of the respective sec-
tions included in MSC/MGW 300 in the SRVCC technique.

Reception section 600 (see FIG. 6) of ATCF/ATGW 1120
in the eSRVCC method receives communication data, signal-
ing or the like. For example, when receiving signaling (for
example, signaling 1102 shown in FIG. 3) that is transmitted
from each of UE 100, UE 102, ATCF and MSC/MGW, recep-
tion section 600 outputs the received signaling to codec detec-
tion section 604 and codec bandwidth detection section 606.

Codec detection section 604 detects the codec used by each
of UE 100 and UE 102 on the basis of the signaling, the
communication data or the like from UE 100, UE 102, ATCF
and MSC/MGW, input through reception section 600. Fur-
ther, codec detection section 604 outputs information that
indicates the detected codec (detection result) to change
determination section 608.

Codec bandwidth detection section 606 detects the band-
widths of the codec used by each of UE 100 and UE 102 on the
basis of the signaling, communication data or the like from
UE 100, UE 102 and MSC/MGW, input through reception
section 600. Further, codec bandwidth detection section 606
outputs information that indicates the bandwidth of the
detected codec (detection result) to change determination
section 608.

Here, ATCF/ATGW 1120 has been described as one node,
but separate nodes may be used. Accordingly, any one of
ATCF and ATGW or both ATCF and ATGW may have the
functions included in the above-described ATCEF/ATGW
1120. Further, necessary information may be exchanged
between ATCF and ATGW.

Further, in the above embodiment, each UE may designate
the maximum bandwidth using SDP in codec negotiation,
instead of fixation and non-designation of the bandwidth
using SDP as shown in FIG. 9.

Furthermore, in the above embodiment, there has been
described a case where MSC/MGW 300 and ATGW transmit
the signaling for requesting bandwidth limitation of the input
signal to be encoded to UE 102. However, MSC/MGW 300
and ATGW may transmit signaling for requesting limiting the
encoding bit rate instead of the signaling for requesting band-
width limitation. Here, each TIE sets the bandwidth of the
input signal to be encoded on the basis of the encoding bit rate
of the input signal. Accordingly, as MSC/MGW 300 and
ATGW transmit the signaling for requesting limiting the
encoding bit rate to UE, UE is able to set the limited encoding
bit rate, and to limit the bandwidth of the input signal to be
encoded on the basis of the limited encoding bit rate. Alter-
natively, MSC/MGW 300 and ATGW may transmit signaling
for requesting limiting both of the bandwidth and the encod-
ing bit rate.

Further, in the above embodiment, MSC/MGW 300 (FIG.
6) has been described as one node. However, MSC/MGW 300
may be configured by two or more nodes that are connected to
each other by an interface, and the respective functions of the
above-mentioned MSC/MGW 300 may be distributed to the
plurality of nodes.

(Embodiment 2 )

In Embodiment 1, a case where MSC/MGW 300 or ATGW
(ATCF/ATGW 1120) transmits the signaling for requesting
bandwidth limitation of the input signal to be encoded to UE
102 has been described. On the other hand, in the present
embodiment, a case where MSC/MGW 300 or ATGW
(ATCF/ATGW 1120) does not transmit the signaling for
requesting bandwidth limitation and UE 102 receives com-

10

15

20

25

30

35

40

45

50

55

60

65

14

munication data to detect that the bandwidth of the codec of
UE 100 is limited and to limit the bandwidth of the input
signal to be encoded to UE 102.

UE according to the present embodiment will be described
with reference to FIG. 12.

In UEs 100 and 102 shown in FIG. 12, reception section
700, transmission section 702, codec negotiation section 704,
codec selection section 706 and bandwidth determination
section 708 are components that perform the same operations
as in FIG. 8, and description thereof will be omitted.

Data analysis section 1200 analyzes communication data
input through reception section 700. In a case where an upper
limit value of the bandwidth of the codec of the communica-
tion data in a predetermined time from a certain time is
different from an upper limit value of the codec bandwidth up
to the time immediately before the certain time or an upper
limit value of the bandwidth of the negotiated codec at the
start of the call, the data analysis section 1200 analyzes that
the bandwidth of the codec of the communication data of the
terminal (UE) of the communication counterpart is limited
(changed). Data analysis section 1200 notifies codec mode
change section 1202 of the analysis result.

Codec mode change section 1202 determines to limit
(change) the bandwidth of the input signal to be encoded on
the basis of the analysis result from data analysis section
1200, and notifies bandwidth determination section 708 of the
result. Thus, bandwidth determination section 708 controls a
change of the bandwidth determined in codec mode change
section 1202.

In this manner, in the present embodiment, UE 100 or UE
102 determines whether the codec of the terminal of the
communication counterpart is changed, according to whether
the upper limit value of the bandwidth of the codec of the
received communication data is changed. Further, if it is
determined that the codec of the terminal of the communica-
tion counterpart is changed, UE 100 or UE 102 controls a
change of the bandwidth of the codec of the host device. Thus,
similarly to Embodiment 1, even though a network situation
of'one UE is changed, it is possible to equivalently maintain
the bandwidths of the codecs between UEs. Accordingly,
similarly to Embodiment 1, it is possible to suppress degra-
dation of speech quality that may occur in a case where
transcoding is performed from a codec with a wide bandwidth
to a codec with a narrow bandwidth.

(Embodiment 3 )

FIG. 13 is a configuration diagram illustrating a part of a
mobile communication network according to Embodiment 3
of'the present invention. An operation of each node shown in
FIG. 13 is as described above (for example, FIG. 5).

In FIG. 13, UE 100 is initially handed over to the CS
network by SRVCC (hereinafter, may be referred to as
SRVCC handover), and performs transmission and reception
of communication data with UE 102 that is present in the PS
network through MSC/MGW 1300 (Path A and Path B shown
in FIG. 13). Here, it is assumed that UE 100 uses AMR-WB
as the codec used in the CS network, UE 102 uses the above-
described codec A (in which bandwidth designation is not
always necessary), for example, as the codec used in the PS
network, and transcoding is performed in MSC/MGW 1300.

Then, it is assumed that UE 102 is also handed over to the
CS network by SRVCC.

Here, according to the handover procedure of NPL 1, com-
munication in the CS network that is a movement destination
of UE 102 is terminated in MSC/MGW 1302, and the com-
munication counterpart of MSC/MGW 1300 is changed from
UE 102 to MSC/MGW 1302. That is, the path of communi-
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cation data between UE 100 and UE 102 is changed to a path
that passes through Path D, Path C and Path B.

Further, it is assumed that the codec used by UE 102 in the
CS network is changed to AMR-WB. In this case, from UE
102 to MSC/MGW 1302, the communication data to be trans-
mitted from UE 102 to UE 100 is transmitted through Path D
and using AMR-WB. Then, MSC/MGW 1302 performs
transcoding from AMR-WB used by UE 102 in the CS net-
work to codec A used in the PS network. Accordingly, from
MSC/MGW 1302 to MSC/MWG 1300, the communication
data to be transmitted from UE 102 to UE 100 is transmitted
through Path C and using codec A. Then, MSC/MGW 1300
performs transcoding from codec A to AMR-WB. Accord-
ingly, from MSC/MGW 1300 to UE 100, the communication
data to be transmitted from UE 102 to UE 100 is transmitted
through Path B and using AMR-WB. This is similarly applied
to communication data transmitted from UE 100 to UE 102.

In the present embodiment, a method of suppressing
transcoding in MSC/MGW s 1300 and 1302 to the minimum
even in a case where both of UE 100 and UE 102 during
communication are subject to the SRVCC handover will be
described.

First, MSC/MGWs 1300 and 1302 shown in FIG. 13 will
be described.

FIG. 14 is a block diagram illustrating the configuration of
MSC/MGWs 1300 and 1302 according to the present
embodiment. MSG/MGWs 1300 and 1302 shown in FIG. 14
may include the functional block shown in FIG. 8 or a differ-
ent functional block, instead of the functional block shown in
FIG. 14.

In MSC/MGW 1300 or 1302 shown in FIG. 14, reception
section 1500 receives communication data, signaling or the
like.

Transmission section 1502 transmits communication data,
signaling or the like.

Signaling analysis section 1504 analyzes signaling for the
SRVCC process, signaling of IMS (IMS signaling) or the like.
Signaling analysis section 1504 notifies signaling generation
section 1506, terminal position determination section 1508
and codec selection section 1510 of the signaling analysis
result.

Signaling generation section 1506 generates a signaling on
the basis of the signaling analysis result of signaling analysis
section 1504 or the like.

Terminal position determination section 1508 determines
whether both terminals (UE 100 and UE 102) during com-
munication are present in the PS network or in the CS network
on the basis of the signaling analysis result of signaling analy-
sis section 1504. Terminal position determination section
1508 outputs the determination result to codec selection sec-
tion 1510 and path selection section 1512.

Codec selection section 1510 selects a codec to be used or
a codec candidate on the basis of the signaling analysis result
of signaling analysis section 1504 and the determination
result of terminal position determination section 1508.

Path selection section 1512 selects a path through which
communication data passes on the basis of the determination
result of terminal position determination section 1508.

Next, an example of an operation of MSC/MGW 1300 and
1302 according to the present embodiment will be described.

FIG. 15 is a sequence chart illustrating an operation of each
device of the movement communication network shown in
FIG. 13. Although not shown in FIG. 13, but it is assumed that
SCC AS and CSCF are present as a part of IMS.

It is assumed that both of UE 100 and UE 102 are currently
connected to e-UTRAN and perform VoLTE communication.
That is, it is assumed that the above-described codec A (codec
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in which bandwidth designation is not always necessary) is
currently used as a sound codec in UE 100 and UE 102
(ST1400 shown in FIG. 15).

Then, UE 100 is handed over (SRVCC handover) to the CS
network (the same process as the process (SRVCC process) of
ST200 shown in FIG. 10). Further, UE 100 is handed over to
the CS network, and establishes connection with the CS net-
work (the same process as the process (connection establish-
ment process) of ST204 shown in FIG. 10).

Atthe same time with the process of ST200 and the process
of' ST204, signaling generation section 1506 of MSC/MGW
1300 generates IMS signaling to be transmitted to UE 102,
and transmits the generated IMS signaling through transmis-
sion section 1502 (ST1402 shown in FIG. 15). Here, signal-
ing generation section 1506 causes information indicating
that the IMS signaling is the IMS signaling generated by
SRVCC handover to be included in the IMS signaling. For
example, the information indicating that the IMS signaling is
the IMS signaling generated by the SRVCC handover may be
a session transfer number for SRVCC (STN-SR) disclosed in
NPL 3 or the like.

Further, signaling generation section 1506 of MSC/MGW
1300 causes a list of codecs supported in the CS network (CS
network to which MSC/MGW 1300 belong) on the host net-
work side, in addition to the codec (codec A) used by UE 100
in the PS network, to be included in the IMS signaling
(ST1402 shown in FIG. 15). Here, signaling analysis section
1504 waits for the connection establishment process of
ST204, analyzes signaling relating to the connection estab-
lishment, and obtains codec information to be used by UE 100
in the CS network. Then, signaling generation section 1506
may cause the codec information to be clearly included in the
IMS signaling.

Thus, the communication is performed using the CS net-
work from UE 100 to MSC/MGW 1300, and is performed
using the PS network from MSC/MGW 1300 to UE 102
(ST1404 shown in FIG. 15).

Then, UE 102 is handed over to the CS network (SRVCC
handover) (the same process as ST200 (SRVCC process)
shown in FIG. 10). Further, UE 102 is handed over to the CS
network, and establishes connection with the CS network (the
same process as the process (connection establishment pro-
cess) of ST204 shown in FIG. 10).

Atthe same time with the process of ST200 and the process
of' ST204, signaling generation section 1506 of MSC/MGW
1302 generates an IMS signaling to be transmitted to MSC/
MGW 1300, and transmits the generated IMS signaling
through transmission section 1502 (ST1406 shown in FIG.
15). Here, signaling generation section 1506 causes informa-
tion indicating that the IMS signaling is the IMS signaling
generated by the SRVCC handover to be included in the IMS
signaling. For example, the information indicating that the
IMS signaling is the IMS signaling generated by the SRVCC
handover may be a session transfer number for SRVCC
(STN-SR) disclosed in NPL 3 or the like.

Further, signaling generation section 1506 of MSC/MGW
1302 causes a list of codecs supported in the CS network (CS
network to which MSC/MGW 1302 belong) on the host net-
work side, in addition to the codec (codec A) used by UE 102
in the PS network, to be included in the IMS signaling
(ST1406 shown in FIG. 15). Here, signaling analysis section
1504 waits for the connection establishment process of
ST204, analyzes signaling relating to the connection estab-
lishment, and obtains codec informationto beused by UE 102
in the CS network. Then, signaling generation section 1506
may cause the codec information to be clearly included in
IMS signaling.
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Reception section 1500 of MSC/MGW 1300 receives the
IMS signaling from MSC/MGW 1302, and outputs the
received IMS signaling to signaling analysis section 1504.
Signaling analysis section 1504 analyzes the IMS signaling,
and thus, specifies that UE 102 is subject to the SRVCC
handover, and outputs information indicating that UE 102 is
subject to the SRVCC handover to terminal position determi-
nation section 1508. Further, signaling analysis section 1504
outputs the list (list of the codecs supported in the CS network
to which MSC/MGW 1302 belong) of codes included in the
IMS signaling (SDP offer) to the codec selection section
1510. Terminal position determination section 1508 deter-
mines that both of UE 100 and UE 102 are present in the CS
network as UE 102 is subject to the SRVCC handover. Codec
selection section 1510 selects a codec to be used, using the
determination result of terminal position determination sec-
tion 1508 and information (codec list) about the codecs sup-
ported in the CS network to which MSC/MGW 1302 belongs,
input from signaling analysis section 1504 (ST1406 shown in
FIG. 15).

Further, path selection section 1512 selects a path through
which the communication data passes on the basis of the
determination result of terminal position determination sec-
tion 1508 (ST1406 shown in FIG. 15). Thus, the communi-
cation between UE 100 and UE 102 is performed through the
selected path (ST1408 shown in FIG. 15).

Next, FIG. 16 shows an example of a codec selection
method in codec selection section 1510 of MSC/MGW 1300
shown in FIGS. 13 to 15.

In ST1600 shown in FIG. 16, codec selection section 1510
determines whether both terminals (UE 100 and UE 102)
during communication move to (are present in) the CS net-
work on the basis of the determination result of terminal
position determination section 1508.

If both terminals during communication move to the CS
network (ST1600: YES), in ST1602, codec selection section
1510 determines whether information (codec list) about the
codec used by the communication counterpart terminal (UE
102) in the CS network is included in the IMS signaling
received in reception section 1500.

If the information about the codec used by the communi-
cation counterpart terminal in the CS network is included in
the IMS signaling (ST1602: Yes), in ST1604, codec selection
section 1510 determines whether the information about the
codec used by the communication counterpart terminal (UE
102) in the CS network matches with the codec by the termi-
nal (UE 100) being used on the host network side. In a case
where the codec information matches with the codec being
used by the terminal (UE 100) on the host network side, the
procedure goes to process of ST1614.

It both terminals during communication do not move to the
CS network (ST1600: No), in ST1606, codec selection sec-
tion 1510 determines whether the host device (MSC/MGW
1300) corresponds to a codec used in the PS network. If the
host device (MSC/MGW 1300) does not correspond to the
codec used in the PS network (ST1606: No), the procedure
goes to a process of ST1612.

If the information about the codec used by the communi-
cation counterpart terminal in the CS network is not included
in the IMS signaling (ST1602: No), or if the host vehicle
(MSC/MGW 1300) corresponds to the codec used in the PS
network, in ST1608, codec selection section 1510 determines
whether the codec currently used by UE (UE 100) on the host
network side is included in the codec information (codec list)
offered by the IMS signaling (SDP offer). If the codec cur-
rently used by UE (UE 100) on the host network side is
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included in the offered codec list (ST1608: Yes), the proce-
dure goes to a process of ST1614.

If the codec currently used by UE (UE 100) on the host
network side is not included in the offered codec list (ST1608:
No), in ST1610, codec selection section 1510 determines
whether a codec supported by the host device (MSC/MGW
1300) is included in the codec list offered by the IMS signal-
ing (SDP offer). If the codec supported by the host device is
included in the offered codec list (ST1610: Yes), the proce-
dure goes to a process of ST1616. If the codec supported by
the host device is not included in the offered codec list
(ST1610: No), the procedure goes to a process of ST1618.

In ST1612, codec selection section 1510 selects the codec
used in the PS network.

In ST1614, codec selection section 1510 selects the codec
that is being used by the terminal (UE 100) on the host
network side as a codec to be used.

In ST1616, code selection section 1510 selects a codec to
be used from the codecs supported by the host device (MSC/
MGW 1300) in the offered codec list.

In ST1618, codec selection section 1510 selects an error.

In this manner, MSC/MGW 1300 or 1302 causes the list of
the codecs supported in the CS network on the host network
side to be included in the IMS signaling generated by the
handover. Further, when receiving the IMS signaling, first,
MSC/MGW 1300 (MSC/MGW 1302) determines whether
both terminals during communication are present in the CS
network. Further, MSC/MGW 1300 (MSC/MGW 1302)
selects a codec to be used, using the information about the
codecs supported in the CS network to which MSC/MGW
that is a transmission destination of the IMS signaling
belongs. Specifically, in a case where the same codec is usable
by both terminals (UE 100 and UE 102) during communica-
tion, MSC/MGW 1300 or 1302 select a codec to be used so
that the same codec is used by both terminals.

That is, in a case where one terminal (UE 100) is handed
over to the CS network and the other terminal (UE 102) is
handed over to the CS network, for example, MSC/MGW
1300 that belongs to the CS network of UE 100 receives a
message including a list of codecs (codec group) supported
by the CS network of UE 102 from MSC/MGW 1302 that
belongs to the CS network of UE 102, and selects a codec to
be used by UE 102, using the codec list and a codec (changed
codec) to beused by UE 100. For example, in a case where the
codec (changed codec) to beused by UE 100 is included in the
received codec list, MSC/MGW 1300 selects the codec to be
used by the UE 100 as the codec to be used by UE 102.

Thus, since substantially the same codec is used by both
terminals (UE 100 and UE 102), transcoding is not performed
in MSC/MGW 1300 or 1302. Accordingly, according to the
present embodiment, even in a case where both of UE 100 and
UE 102 during communication are subject to the SRVCC
handover, it is possible to minimize transcoding in MSC/
MGW 1300 or 1302.

Further, in Embodiment 1, the method has been described
in which MSC/MGW 300 detects a change of the codec
bandwidth and transmits the signaling for requesting limiting
the bandwidth of the input signal to be encoded to UE 102. On
the other hand, in the present embodiment, MSC/MGW 1300
or 1302 obtains the information about the codec to be used by
each terminal in the host networks in the CS network, causes
the codec information to be clearly included in the IMS sig-
naling, instead of the signaling for requesting limiting the
bandwidth of the input signal to be encoded, and transmits the
result to the communication counterpart terminal. In this
case, similarly to Embodiment 1, even in a case where a
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network situation of one UE or both UEs is changed, it is
possible to equivalently maintain the bandwidths of the
codecs between UEs.

In a case where it is determined by terminal position deter-
mination section 1508 that both of UE 100 and UE 102 are
present in the CS network, path selection section 1512 may
switch the entire path of the network to a path for the CS
network. Terminal position determination section 1508 may
determine whether both terminals correspond to rSRVCC, for
example, as a determination method. That is, in a case where
both terminals (UE 100 and UE 102) do not correspond to
rSRVCC, path selection section 1512 may switch the path of
the network to the path for the CS network. The method of
determining whether both terminals correspond to rSRVCC
may be realized by a method equivalent to registration of the
SRVCC support or a method of determining whether both
terminals are supported by SRVCC, disclosed in NPL 3.

Further, in a case where it is determined that the commu-
nication counterpart terminal (for example, UE 100 shown in
FIG. 17) is subject to the SRVCC handover by reception of
the signaling for requesting limiting the bandwidth of the
input signal to be encoded, or the like, the terminal (for
example, UE 102 shown in FIG. 17) may notify MSC/MGW
(for example, MSC/MGW 1310 shown in FIG. 17) on the
host network side that the communication counterpart termi-
nal (UE 100) is already subject to the SRVCC handover, by
signaling (ST200 or ST204 shown in FIG. 15) when the host
device is subject to the SRVCC handover. Thus, terminal
position determination section 1508 of MSC/MGW 1310
determines that both terminals (UE 100 and UE 102) are
handed over to the CS network, and thus, may prevent a codec
supported only in the PS network from being included in the
codec list of the IMS signaling (SDP offer). That is, MSC/
MGW 1310 may cause only the codec supported in the CS
network to be included in the SDP offer (see FIG. 17). Here,
MSC/MGW 1310 may clearly notify that the host device is
MGW (for example, see FIG. 17). Further, MSC/MGW 1300
that receives the notification may determine to perform com-
munication in the CS networks (for example, see FIG. 17).
Further, the notification may be included in the existing sig-
naling transmitted from UE 102 when UE 102 is handed over
to the CS network, or may be a new signaling. Further, the
notification may be included in a signaling transmitted to
MME (not shown) before UE 102 is handed over to the CS
network (for example, see NPL 4).

(Embodiment 4 )

In the present embodiment, a case where both UEs are
handed over to the CS network from the PS network by
eSRVCC, or a case where one UE is handed over to the CS
network from the PS network by eSRVCC and the other UE
is handed over to the CS network from the PS network by
SRVCC will be described. In the present embodiment, in the
eSRVCC technique, it is assumed that communication data is
anchored in ATGW, and transcoding is performed in ATGW.

FIG. 18 is a diagram illustrating a configuration of a part of
a mobile communication network according to Embodiment
4 of the invention. Operations of respective nodes shown in
FIG. 18 are as described above (for example, FIGS. 3 and 5).

InFIG. 18, both of UE 100 and UE 102 are initially present
in e-UTRAN, and perform VoL.TE communication in the PS
network. Here, it is assumed that the above-mentioned codec
A (codec in which bandwidth designation is not always nec-
essary) is used. In FIG. 18, it is assumed that both of the
network of UE 100 and the network of UE 102 correspond to
eSRVCC. Thus, a current communication path between UE
100 and UE 102 corresponds to Path A, Path B and Path C that
pass through ATCF/AGW 1700 and ATCF/ATGW 1702.
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In FIG. 18, ATCF/ATGWs 1700 and 1702 may be repre-
sented as one node, but may be provided as different nodes.
Further, in FIG. 18, in a case where the network of UE 100
does not correspond to eSRVCC, since ATCF/ATGW 1700
and Path B are not present as a communication path between
UE 100 and UE 102, Path A is established between UE 100
and ATCF/ATGW 1702. Similarly, in a case where the net-
work of UE 102 does not correspond to eSRVCC, since
ATCF/ATGW 1702 and Path B are not present as a commu-
nication path, Path C is established between UE 102 and
ATCF/ATGW 1700.

Then, it is assumed that each of UE 100 and UE 102
performs handover by eSRVCC. In this case, according to
NPL 3, a communication path between UE 100 and UE 102
after handover becomes Path D, Path E, Path B, Path G and
Path F that pass through MSC/MGW 1704, ATCF/ATGW
1700, ATCF/ATGW 1702 and MSC/MGW 1706.

InFIG. 18, in a case where the network of UE 100 does not
correspond to eSRVCC, since ATCF/ATGW 1700 and Path B
are not present as a communication path between UE 100 and
UE 102, Path E is established between MSC/MGW 1704 and
ATCF/ATGW 1702. Similarly, in a case where the network of
UE 102 does not correspond to eSRVCC, since ATCF/ATGW
1702 and Path B are not present as a communication path
between UE 100 and UE 102, Path G is established between
MSC/MGW 1706 and ATCF/ATGW 1700.

Here, for example, it is assumed that the both codecs used
when UE 100 and UE 102 are handed over to the CS network
are AMR-WB. In this case, communication data to ATCF/
ATGW 1700 from UE 100 is encoded in AMR-WB. Then,
ATGW 1700 performs transcoding to from AMR-WB to
codec A. Accordingly, communication data to ATGW 1702
from ATGW 1700 is encoded in codec A. Thereafter, ATGW
1702 performs transcoding from codec A to AMR-WB,
again. Accordingly, the communication data transmitted from
ATGW 1702 to UE 102 is encoded in AMR-WB.

Further, in a case where the network of UE 100 does not
correspond to eSRVCC, transcoding is performed in MSC/
MGW 1704 instead of ATGE 1700. Similarly, in a case where
the network of UE 102 does not correspond to eSRVCC,
transcoding is performed in MSC/MGW 1706 instead of
ATGE 1702.

In the present embodiment, with respect to a case where
both of UE 100 and UE 102 during communication are
handed over to the CS network from the PS network by
eSRVCC, or a case where one UE is handed over to the CS
network from the PS network by eSRVCC and the other UE
is handed over to the CS network from the PS network by
SRVCC, a method of suppressing transcoding to the mini-
mum, similarly to Embodiment 3, will be described.

First, ATCF/ATGWs 1700 and 1702, and UEs 100 and 102
shown in FIG. 18 will be described.

FIG. 19 is a block diagram illustrating a configuration of
ATCF/ATGWs 1700 and 1702 according to the present
embodiment. ATCF/ATGWs 1700 and 1702 shown in FIG.
19 may include the functional block shown in FIG. 8 or a
different functional block, instead of the functional block
shown in FIG. 19.

In ATCF/ATGWs 1700 and 1702 shown in FIG. 19, recep-
tion section 1900 receives communication data, signaling or
the like.

Transmission section 1902 transmits the communication
data and the signaling and the like.

Signaling analysis section 1904 analyzes signaling for the
SRVCC process or eSRVCC process, signaling of IMS (IMS
signaling) or the like. Signaling analysis section 1904 notifies
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signaling generation section 1906, terminal position determi-
nation 1908 and codec selection section 1910 of the result of
the signaling analysis.

Signaling generation section 1906 generates a signaling on
the basis of the signaling analysis result of signaling analysis
section 1904 or the like.

Terminal position determination section 1908 determines
whether both terminals (UE 100 and UE 102) during com-
munication are present in the PS network or in the CS network
on the basis of the signaling analysis result of signaling analy-
sis section 1904. Terminal position determination section
1908 outputs the determination result to codec selection sec-
tion 1910 and path selection section 1912.

Codec selection section 1910 selects a codec or a codec
candidate to be used on the basis of the signaling analysis
result of signaling analysis section 1904 and the determina-
tion result of terminal position determination section 1908.

Path selection section 1912 selects a path through which
communication data passes on the basis of the determination
result of terminal position determination section 1908.

FIG. 20 is a block diagram illustrating a configuration of
UE 100 and LIE 102 according to the present embodiment.
UE 100 and UE 102 may include the functional block shown
in FIG. 12 or a different functional block, instead of the
functional block shown in FIG. 20. In UE 100 and UE 102
shown in FIG. 20, reception section 700 and transmission
section 702 perform the same operation as in FIG. 12, and
description thereof will be omitted.

In UE 100 and UE 102 shown in FIG. 20, communication
counterpart codec change detection section 2000 detects that
the codec used by the communication counterpart is changed.
The codec used by the communication counterpart is changed
because the communication counterpart moves to the CS
network from the PS network, for example. Further, as a
detection method of codec change in communication coun-
terpart codec change detection section 2000, a method of
receiving signaling for band limitation notification or the like
from the network as in Embodiment 1, a method of detecting
that the band of the codec used by the communication coun-
terpart is limited as in Embodiment 2, or the like may be used.

In a case where it is detected that the codec of the commu-
nication counterpart is changed by communication counter-
part codec change detection section 2000, signaling genera-
tion section 2002 generates a signaling for notifying the
network that the codec of the communication counterpart is
changed.

Then, an example of operations of UEs 100 and 102 and
ATCF/ATGWs 1700 and 1702 in the present embodiment
will be described. Here, it is assumed that both of the network
of UE 100 and the network of UE 102 correspond to
eSRVCC.

FIG. 21 is a sequence chart illustrating an operation of each
device of the mobile communication network shown in FIG.
18.

When performing a connection process to e-UTRAN and
performing registration relating to VoLTE with respect to
IMS, for example, UE 100 and UE 102 transmit information
about ATCF (ATCF/ATGAWSs 1700 and 1702) to SCC AS,
HSS (not shown), or MME (not shown), for example, and the
information is retained at a transmission destination (for
example, see NPL 5). Further, when an outgoing call is made
(in the present embodiment, it is assumed that outgoing call is
made from UE 100 to UE 102, which is similarly applied to an
outgoing call from UE 102 to UE 100), in ATCF/ATGWs
1700 and 1702, ATCF determines whether a session is
anchored by ATGW (for example, see NPL 3 or NPL 5).
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Thereafter, UE 100 and UE 102 are both connected to
e-UTRAN, and perform VoLTE communication. Here, it is
assumed that the above-described codec A (codec in which
bandwidth designation is not always necessary) is used as a
sound codec (ST1800 shown in FIG. 21).

Then, UE 100 is handed over to the CS network from the
PS network. Here, the same processes as the process (SRVCC
process) of ST200 and the process of ST204 (connection
establishment process) shown in FIG. 10 are performed. Fur-
ther, at the same time with the process of ST200 and the
process of ST204, the same process as the process of ST1102
shown in FIG. 4 is performed. Thus, the data communication
path between UE 100 and UE 102 is switched through MSC/
MGW 1704 (ST1802 shown in FIG. 21).

Here, signaling generation section 1906 of ATCF/ATGW
1700 generates a signaling that includes the codec (for
example, AMR) used by UE 100 in the CS network, and
notifies SCC AS/CSCF 1708 of the message through trans-
mission section 1902 (ST1802' shown in FIG. 21). This noti-
fication may be notified together with an access transfer
update message disclosed in NPL 3. Then, as shown in
Embodiment 1, ATCF/ATGW 1700 may transmit band limi-
tation notification to UE 102.

Communication counterpart codec change detection sec-
tion 2000 of UE 102 detects that the codec of UE 100 is
changed from codec A (ST1804 shown in FIG. 21).

Then, UE 102 is also handed over to the CS network from
the PS network. Here, signaling generation section 2002 of
UE 102 generates a signaling for notifying the network that
the codec of UE 100 that is the communication counterpart is
changed. For example, when UE 102 is handed over to the CS
network, the signaling may be included in the existing sig-
naling transmitted from UE 102, or may be included in a new
signaling (ST1806 shown in FIG. 21). Further, the notifica-
tion may be included in a signaling transmitted to MME (not
shown) before UE 102 is handed over to the CS network, or
may be notified to MSC/MGW 1706 from MME (for
example, see NPL 4).

MSC/MGW 1706 that receives the signaling from UE 102
detects that the codec of UE 100 that is the communication
counterpart of UE 102 is changed, and causes information
indicating that the codec of UE 100 is changed to be included
in an INVITE message to be transmitted to ATCF/ATGW
1702.

Signaling analysis section 1904 of ATCF/ATGW 1702 that
receives the INVITE message detects that the codec of UE
100 that is the communication counterpart of UE 102 is
changed. Thus, signaling generation section 1906 of ATCF/
ATGW 1702 generates a signaling for codec inquiry of UE
100 to SCC AS/CSCF 1708, and transmits the generated
signaling through transmission section 1902 (ST1808 shown
in FIG. 21).

Reception section 1900 of ATCF/ATGW 1702 receives a
reply signaling for the signaling transmitted in ST1808 from
SCC AS/CSCF 1708. Further, signaling analysis section
1904 of ATCF/ATGW 1702 analyzes the reply signaling,
performs codec negotiation with ATCF/ATGW 1700 on the
basis of the analysis result (information relating to the codec
of UE 100) (ST1810 shown in FIG. 21), and selects a codec
(ST1812 shown in FIG. 21). Further, codec negotiation may
be performed between ATCF/ATGW 1702 and SCC
AS/CSCF 1708, and between SCC AS/CSCF 1708 and
ATCF/ATGW 1700 (that is, may be anchored by SCC AS).
Further, ATCF/ATGWs 1700 and 1702 may perform codec
negotiation without through SCC AS/CSCF 1708. In this
case, the process of ST1802 and the process of ST1808 shown
in FIG. 21 are not necessary.
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In this manner, in a case where a terminal (UE 100 or 102)
is handed over, ATCF/ATGW 1700 or 1702 generates a mes-
sage that includes a codec to be used by the handed over
terminal in the CS network, and notifies SCC AS/CSCF 1708
of the message. In this case, a communication counterpart
terminal that performs communication with the handed-over
terminal detects that the codec of the handed-over terminal is
changed. Further, in a case where the communication coun-
terpart terminal that detects that the codec of the handed-over
terminal is changed is also handed over, if it is detected that
the codec of the initially handed-over terminal is changed by
the notification from the communication counterpart termi-
nal, ATCF/ATGW 1700 or 1702 performs codec inquiry of
the communication counterpart to SCC AS/CSCF 1708. Fur-
ther, ATCF/ATGW 1700 or 1702 performs codec negotiation
on the basis of information relating to the codec (codec of the
initially handed-over terminal) obtained by the inquiry, and
selects a codec. For example, ATCF/ATGW 1700 or 1702
selects a codec to be used so that in a case where the same
codec is usable by both terminals (UE 100 and UE 102)
during communication, the same codec is used by the both
terminals.

That is, in a case where one terminal (UE 100) is handed
over to the CS network, and then, the other terminal (UE 102)
is handed over to the CS network, and in a case where ATCF/
ATGW 1702 receives a message including the codec
(changed codec) used by UE 100, receives a message includ-
ing information indicating that UE 100 is handed over to the
CS network from MSC/MGW 1706 of UE 102, and receives
the information indicating that UE 100 is handed over to the
CS network, by inquiry to SCC AS/CSCF 1708, ATCF/
ATGW 1702 selects acodec to be used by UE 102 on the basis
of the codec to be used by UE 100.

Thus, in both terminals (UE 100 and UE 102), similarly to
Embodiment 3, since the same codec is used if possible,
transcoding is not performed in ATCF/ATGWs 1700 and
1702. Accordingly, according to the present embodiment, in a
case where both of UE 100 and UE 102 during communica-
tion are handed over to the CS network from the PS network
by eSRVCC, it is possible to suppress transcoding to the
minimum similarly to Embodiment 3.

Further, in a case where it is determined that both of UEs
100 and 102 are present in the CS network by terminal posi-
tion determination section 1908, path selection section 1912
may switch the entire path of the network to a path for the CS
network. Terminal position determination section 1908 may
determine whether both terminals correspond to rSRVCC, for
example, as a determination method. That is, in a case where
both terminals (UE 100 and UE 102) do not correspond to
rSRVCC, path selection section 1912 may switch the path of
the network to the path for the CS network. The method of
determining whether both terminals correspond to rSRVCC
may be realized by a method equivalent to registration of the
SRVCC support or a method of determining whether both
terminals are supported by SRVCC, disclosed in NPL 3.

Further, in a case where it is determined that the commu-
nication counterpart terminal (for example, UE 102 shown in
FIG. 21) is subject to the SRVCC or eSRVCC handover by
reception of the signaling for requesting limiting the band-
width of the input signal to be encoded, or the like, the
terminal (for example, UE 100 shown in FIG. 21) may notify
MSC/MGW (for example, MSC/MGW 1706 shown in FIG.
21) on the host network side that the communication coun-
terpart terminal (UE 100) is already subject to the SRVCC or
eSRVCC handover, by signaling (ST200 or ST204 shown in
FIG. 21) when the host device is subject to the eSRVCC
handover. Thus, terminal position determination section 1908
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of MSC/MGW 1706 determines that both terminals (UE 100
and UE 102) are handed over to the CS network, and thus,
may prevent a codec supported only in the PS network from
being included in the codec list of the IMS signaling (SDP
offer). The notification may be included in the existing sig-
naling transmitted from UE 102 when UE 102 is handed over
to the CS network, or may be a new signaling (ST1806 shown
in FIG. 21). Further, the notification may be included in a
signaling transmitted to MME (not shown) before UE 102 is
handed over to the CS network (for example, see NPL 4).

Further, as shown in FIG. 19, MSC/MGWs 1704 and 1706
may include the equivalent function as those of ATCF/AT-
GWs 1700 and 1702. In FIG. 18, in a case where the network
of UE 100 does not correspond to eSRVCC, signaling analy-
sis section 1904 of MSC/MGW 1704 analyzes signaling
including a codec used in the CS network when UE 100 is
handed over to the CS network, and obtains information on
the codec used by UE 100 in the CS network. Then, signaling
generation section 1906 of MSC/MGW 1704 generates infor-
mation on the codec used by UE 100 in the CS network, and
notifies the generated information to SCC AS/CSCF 1708.
This notification may be included in the INVITE message.
Further, in FIG. 18, in a case where the network of UE 102
does not correspond to eSRVCC, when receiving, from UE
102, signaling including the content for notifying that the
codec of UE 100 that is the communication counterpart is
changed, signaling analysis section 1904 of MSC/MGW
1706 detects that the codec of UE 100 that is the communi-
cation counterpart of UE 102 is changed. Then, signaling
generation section 1906 of MSC/MGW 1706 generates a
signaling for inquiring the codec of UE 100 to SCC AS/CSCF
1708, and transmits the generated signaling to SCC AS/CSCF
1708. If a replay signaling is received by SCC AS/CSCF
1708, signaling analysis section 1904 of MSC/MGW 1706
analyzes the reply signaling, performs codec negotiation with
anode (MSC/MGW 1704 or ATCF/ATGW 1700) of UE 100
that performs transcoding on the basis of the analysis result,
to select a codec. The codec negotiation may be performed
between MSC/MGW 1706 and SCC AS/CSCF 1708 and
between SCC AS/CSCF 1708 and the node of UE 100 where
transcoding is performed (that is, may be anchored by SCC
AS). Thus, in a case where one UE is handed over from the PS
network to the CS network by eSRVCC and the other UE is
handed over from the PS network to the CS network by
SRVCC, similarly to Embodiment 3, it is possible to suppress
transcoding to the minimum.

(Embodiment 5 )

In Embodiments 1, 3 and 4, the method has been described
in which in a case where MSC/MGW or ATCF/ATGW
detects a change of the bandwidth of communication data on
one UE during session, band limitation notification is per-
formed to the other UE. On the other hand, in the present
embodiment, a method will be described in which band infor-
mation is clearly included in communication data transmitted
by MSC/MGW or ATCF/ATGW or in an RTP payload header
of the communication data, instead of or in addition to trans-
mission of the bandwidth limitation notification.

For example, in Embodiment 1, in a case where the band-
width change of UE 100 is detected in codec band width
detection section 606 of MSC/MGW 300 and it is determined
that the bandwidth limitation of the input signal to be encoded
to UE 102 is possible and necessary in change determination
section 608, the bandwidth of communication data transmit-
ted to UE 102 from MSC/MGW 300 is also limited. Here,
MSC/MGW 300 causes the changed bandwidth information
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to be clearly included in the communication data to be trans-
mitted or the RTP payload header in which the communica-
tion data is stored.

In a case where the changed band information is included
in the RTP payload header, a packet that includes the band
information is limited to packets transmitted for a predeter-
mined time (for example, 200 msec) after band change, or a
predetermined number of packets (for example, 10 packets).

If it is detected that the band information is added to the
RTP payload header for a predetermined time or longer (for
example, 150 msec or longer) or of a predetermined number
(for example, 5 packets or more), even in a case where the
band information is not added to the RTP payload header
transmitted thereafter, the reception side (UE 102) deter-
mines that the bandwidth of the stored communication data is
continuously limited.

Similarly, in a case where UE 102 that receives the band
limitation notification transmits the communication data with
the limited band to MGW 300, the band information is added
to the RTP payload header of packets transmitted for a pre-
determined time (for example, 200 msec) or a predetermined
number of packets (for example, 10 packets). If it is detected
that the band information is added to the RTP payload header
for a predetermined time or longer (for example 150 msec or
longer) or of a predetermined number (for example, 5 packets
or more), even in a case where the band information is not
added to the RTP payload header transmitted thereafter, the
reception side (MGW 300) determines that the bandwidth of
the stored communication data is continuously limited.

Further, in Embodiment 2, instead of reception of the band
limitation notification, the method has been described in
which it is detected that the bandwidth of data is limited fora
predetermined time or longer to limit the band of data to be
transmitted in data analysis section 1200 of UE 102. Instead,
the band change may be determined in codec mode change
section 1202 using the above-described method of the present
embodiment (in which the band information is added to the
RTP payload header for the predetermined time or longer (for
example, 150 msec or longer) or of the predetermined number
(for example, 5 packets or more)).

Further, in Embodiment 1, 3 and 4, the band limitation
notification may be included in the RTP payload header. In a
case where the band limitation notification is included in the
RTP payload header, a packet that includes the band limita-
tion notification is similarly limited to packets transmitted for
a predetermined time (for example, 100 msec) after it is
determined that the band change notification is necessary, or
a predetermined number of packets (for example, 5 packets).
Ifitis detected that the band limitation notification is added to
the RTP payload header for a predetermined time or longer
(for example, 20 msec or longer) or of a predetermined num-
ber (for example, 1 packet or more), even in a case where the
band limitation notification is not added to the RTP payload
header transmitted thereafter, reception side (UE 102) deter-
mines that abandwidth limitation (change) request is notified.
In a case where the band limitation notification is included in
the RTP payload header, the above-mentioned band informa-
tion may be included together with the band limitation noti-
fication.

Thus, it is possible to clearly notify a communication coun-
terpart of bandwidth change of transmission data even during
a session.

Hereinbefore, the respective embodiments of the invention
have been described.

In the above-described respective embodiments, ATCF/
ATGW, MSC/MGW, and SCC AS/CSCF have been
described as one node, respectively, but may be provided as
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separate nodes. That is, in ATCF and ATGW, in MSC and
MGW, and in SCC AS and CSCEF, any one or both thereof may
include the above-described functions, respectively. Further,
necessary information may be exchanged between ATCF and
ATGW, between MSC and MGW, and between SCC AS and
CSCF, respectively.

Further, in the above-described respective embodiments,
in a case where both of UE 100 and UE 102 support handover
(handover based on SRVCC, eSRVCC or the like) to the CS
network, in session negotiation on the PS network, a codec
supported in the CS network or a codec compatible with the
codec supported in the CS network may be selected from the
beginning.

Further, in the above-described respective embodiments,
the description has mainly been made using the codec relating
to voice. However, the invention is not limited thereto, and
may be applied to music, sound, images or the like.

In addition, the present invention is by no means limited to
the embodiments described above, and various modifications
are possible.

Although the foregoing embodiments have been described
for the example of hardware implementation of the present
invention, the present invention can be implemented with
software, in concert with hardware.

Each of'the functional blocks used in the descriptions of the
embodiments are realized typically by LSI (large-scale inte-
gration), which is an integrated circuit. The functional blocks
may each be a separate single chip, or some or all of the
functional blocks may be collectively made into a single chip.
The term “LSI” is used herein but the integrated circuit may
be called an IC (integrated circuit), a system LSI device, a
super-L.SI device, or an ultra-L.SI device depending on a
difference in the degree of integration.

In addition, the integrated circuit is not limited to L.SI and
may be implemented by a dedicated circuit or by a general-
purpose processor. In addition, an FPGA (field program-
mable gate array), which is programmable, or a reconfig-
urable processor that allows reconfiguration of connections
or settings of the circuit cells in LSI may be used after the
production of LSI.

Additionally, in the event of emergence of technology for
circuit integration that replaces LSI technology by advance-
ments in semiconductor technology or technology derivative
therefrom, such technology may be used to integrate the
functional blocks. Biotechnology may be applied, for
example.

The disclosures of Japanese Patent Application No. 2011-
129422, filed on Jun. 9, 2011, Japanese Patent Application
No. 2011-247330, filed on Nov. 11, 2011, and Japanese
Patent Application No. 2012-030419, filed on Feb. 15, 2012,
including the specifications, drawings, and abstracts, are
incorporated herein by reference in their entirety.

INDUSTRIAL APPLICABILITY

The present invention has a function of adjusting a band-
width or an encoding bit rate of an input signal to be encoded
in a codec used by a communication counterpart in a case
where a codec used by one of communication terminals in
communication is changed. Thus, the present invention is
thus suitable for use in suppressing degradation of quality due
to transcoding.
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100,102 UE

200, 202, 204, 206, 1100, 1102, 1104, 1106 Signaling

300, 1300, 1302, 1310, 1704, 1706 MSC/MGW

1120, 1700, 1702 ATCF/ATGW

600, 700, 1500, 1900 Reception section

602, 702, 1502, 1902 Transmission section

604 Codec detection section

606 Codec bandwidth detection section

608 Change determination section

610, 1506, 1906, 2002 Signaling generation section

612 Transcoding section

704 Codec negotiation section

706, 1510, 1910 Codec selection section

708 Bandwidth determination section

710, 1504, 1904 Signaling analysis section

712, 1202 Codec mode change section

1200 Data analysis section

1508, 1908 Terminal position determination section

1512, 1912 Path selection section

1708 SCC AS/CSCF

2000 Communication counterpart codec change detection
section

The invention claimed is:

1. A communication terminal apparatus, comprising:

a negotiator that negotiates a codec used for communica-

tion between the communication terminal apparatus and
a counterpart terminal at a start of the communication,
using an [P multimedia subsystem (IMS) signaling
including one of a session description protocol (SDP)
offer and an SDP answer, the negotiated codec being a
codec that supports bandwidths of input signals of a
plurality of codecs, and that changes a bandwidth of an
input signal during the communication with the coun-
terpart terminal by changing a frequency range of the
input signal; and

a bandwidth determiner that limits the bandwidth of the

input signal of the codec during the communication with
the counterpart terminal, according to signaling for lim-
iting the bandwidth of the input signal of the codec, the
signaling being notified from a network node.

2. The communication terminal apparatus according to
claim 1,

wherein the bandwidth of the input signal with respect to

the negotiated codec is not designated in a negotiation at
the start of the communication.

3. The communication terminal apparatus according to
claim 1,

wherein the signaling for limiting the bandwidth of the

input signal of the codec is included in a real-time trans-
port control protocol (RTCP).

4. The communication terminal apparatus according to
claim 1,

wherein the signaling for limiting the bandwidth of the

input signal of the codec is included in a real-time trans-
port protocol (RTP) payload header.

5. The communication terminal apparatus according to
claim 1, wherein the signaling for limiting the bandwidth of
the input signal of the codec is notified when the codec of the
counterpart terminal is changed.

6. A communication method, comprising:

negotiating a codec used for communication between a

communication terminal apparatus and a counterpart
terminal at a start of the communication, using an IP
multimedia subsystem (IMS) signaling including one of
a session description protocol (SDP) offer and an SDP
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answer, the negotiated codec being a codec that supports
bandwidths of input signals of a plurality of codecs, and
that changes a bandwidth of an input signal during the
communication with the counterpart terminal by chang-
ing a frequency range of the input signal; and

limiting the bandwidth of the input signal of the codec
during the communication with the counterpart termi-
nal, according to signaling for limiting the bandwidth of
the input signal of the codec, the signaling being notified
from a network node.

7. The communication method according to claim 6,

wherein the bandwidth of the input signal with respect to
the negotiated codec is not designated in a negotiation at
the start of the communication.

8. The communication method according to claim 6,

wherein the signaling for limiting the bandwidth of the
input signal of the codec is included in a real-time trans-
port control protocol (RTCP).

9. The communication method according to claim 6,

wherein the signaling for limiting the bandwidth of the
input signal of the codec is included in a real-time trans-
port protocol (RTP) payload header.

10. A network node that performs transcoding for commu-
nication between a first communication terminal apparatus
and a second communication terminal apparatus that use
different codecs, the network node comprising:

a detector that detects a first codec used by the first com-
munication terminal apparatus and a second codec used
by the second communication terminal apparatus, the
detected first codec used by the first communication
apparatus being a codec that supports bandwidths of
input signals of a plurality of codecs, and that can change
a bandwidth of an input signal during a session;

a determiner that, when detecting a change of the second
codec used by the second communication terminal appa-
ratus based on a detection result in the detector, deter-
mines, using the first codec of the first communication
terminal apparatus and the second codec of the second
communication terminal apparatus which has been
changed, whether to limit a bandwidth of'the first codec;
and

a transmitter that transmits, to the second communication
terminal apparatus, signaling for limiting the bandwidth
in a case where it is determined to limit the bandwidth of
the first codec during the communication between the
first communication terminal apparatus and the second
communication terminal apparatus.

11. A communication method in a network node that per-
forms transcoding for communication between a first com-
munication terminal apparatus and a second communication
terminal apparatus that use different codecs, the communica-
tion method comprising:

detecting a first codec used by the first communication
terminal apparatus and a second codec used by the sec-
ond communication terminal apparatus, the detected
first codec used by the first communication apparatus
being a codec that supports bandwidths of input signals
of a plurality of codecs, and that can change a bandwidth
of an input signal during a session;

when detecting a change of the second codec used by the
second communication terminal apparatus based on a
detection result, determining, using the first codec of the
first communication terminal apparatus and the second
codec of the second communication terminal apparatus
which has been changed, whether to limit a bandwidth of
the first codec; and
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transmitting, to the second communication terminal appa-
ratus, signaling for limiting the bandwidth in a case
where it is determined to limit the bandwidth of the first
codec during the communication between the first com-
munication terminal apparatus and the second commu- 5
nication terminal apparatus.
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